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Improvement Entropy Feature Extraction for AI Voice
Recognition Improvement
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Abstract

Recently, artificial intelligence-based speech processing technology has improved the recognition rate of speech
with methods such as CNN, DNN, RNN, TDNN, and Kaldi based on deep learning. However, artificial intelligence
methods that apply such technologies also have problems such as omission of words with similar pronunciations or
words due to noise, and speech errors due to the law of linking sounds. To solve this problem, this paper proposes
a model to accurately process speech in a noisy environment by using entropy feature extraction of speech and
non-speech energy spectra in speech feature extraction. In the experimental analysis of the proposed method, the
speech recognition performance according to the change in Signal to Noise Ratio (SNR) was tested in various noisy
environments, and it was checked that the performance of speech recognition was improved in the experiment of the

proposed method.
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